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Abstract 
 
 

In thesis a Digital Down Converter (DDC) for Long Term Evolution (LTE) signals is designed. The 

DDC shall be implemented in hardware in a Field Programmable Gate Array (FPGA). For an FPGA 

the desired operating speed is high. The purpose of this thesis is therefore to determine if it is possible 

to design such a system. 

 

The proposed DDC design consists of an efficient quadrature demodulator and a data rate decimation 

system. The decimation system consists of a Cascaded Integrator Comb (CIC) filter and a 

compensating Finite Impulse Response (FIR) filer. It is shown how the CIC and FIR filter can be 

made parallel in order to increase the data rate while still maintaining the clock speed. 

 
This thesis shows that it is possible to design an FPGA based DDC for LTE signals with a decimation 

factor of 13, running at 399.36 MHz. The estimated performance increase of FPGA based design 

compared to the software based design is 319 times. Since floating-point numbers is inefficient to 

implement in hardware, thesis uses integer filter coefficients. This introduced gain in the system. This 

shows that fixed-point filter coefficients is to prefer. 



      

 

Sammanfattning 
 
 

I den här uppsatsen utvecklas en digital nerkonverterare (DDC) för signaler inom Long Term 

Evolution (LTE). DDC:n skall implementeras i hårdvara i en Field Programmable Gate Array 

(FPGA). Den önskade datahastigheten är hög för en FPGA. Därför är syftet med denna uppsatts att 

undersöka om det är möjligt att implementera ett sådant system i en FPGA. 

 

Den framtagna designen av en DDC består av en effektiv I/Q-demodulator och ett 

datahastighetsdecimeringssystem. Systemet för att minska datahastigheten består av ett Cascaded 

Integrator Comb-filter (CIC) och ett kompenserande Finite Impulse Response-filter (FIR). Det visas 

hur CIC- och FIR-filter kan parallelliseras för att öka datahastigheten medan klockhastigheten 

bibehålls. 

 

Det visas att det är möjligt att designa en FPGA-baserad DDC för LTE-signeler, med en 

decimeringsfactor på 13, som kör med en hastighet på 399.36 MHz. Den uppskattade 

prestandaökningen för denna FPGA-baserade lösning i jämförelse med mjukvarubaserad design är 319 

gånger. I den här uppsatsen användes heltalsfilterkoefficienter eftersom flyttal inte kan implementeras 

effektivt i hårdvara. Detta skapade dock en oönskad förstärkning i det totala systemet. Därför är så 

kallade fixpunktsdecimaltal att föredra.  
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1 Introduction 

This thesis will evaluate the possibility to implement a Digital Down Converter (DDC) 

for Long Term Evolution (LTE) signals in a Field Programmable Gate Array (FPGA). 

LTE is a standard for mobile telecommunication that is developed by the organization 3rd 

Generation Partnership Project (3GPP). The standard is an enhancement of the Universal 

Mobile Telecommunications System (UMTS) that is a standard for 3rd generation mobile 

telecommunication. LTE is a step toward 4th generation mobile telecommunication and 

offers, in the current version, downlink data rate with a theoretical maximum at 300 

Mbit/s and uplink data rate up to 75 Mbit/s [1]. 

 

1.1 Background 

The research is done at Syntronic AB where a test system for LTE devices is being 

developed. The test system focuses on creating virtual instruments with minimal and 

modular hardware where the most signal processing is done on a PC.  

 

The part of the system that is the target of this thesis is performance measurements of the 

base station downlink, i.e. the transmitting part of the base station. The radio signals are 

down converted in analog hardware to an Intermediate Frequency (IF). The IF is chosen 

to be relatively high to get a high measurement bandwidth. The IF-band signal is sampled 

with an Analog to Digital Converter (ADC). The sample rate of the ADC is too high to 

accomplish a real-time system, so the data is stored on an on board memory and then 

transferred to a PC. The data is then digitally down converted in the PC and 

measurements are done on the down converted data. The performance measurement that 

is the main focus is Error Vector Magnitude1 (EVM) measurements.  

 

Since the product shall measure performance rather than transmitting and receiving data it 

is preferable to sample data not only from the signal band but also from adjacent bands. 

This is in order to measure leakage in adjacent bands and so forth. Therefore the sampling 

rate is higher than it would be in corresponding telecommunication system. 

 

                                                      
1 EVM measures the radio performance of a transmitter or receiver by comparing the actual signal 

with an estimated ideal signal and calculating an error vector in the I/Q-plane. 
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1.2 Problem Definition 

The idea is to implement the DDC in an FPGA to lower the data rates before sending the 

data to the PC. The original system is doing the entire signal processing in the PC. This 

thesis shall evaluate if it is possible to implement the system in an FPGA. The part that 

shall be implemented in an FPGA is shown in Figure 1. At present the decimation filter 

for the downsampler is implemented with a high order Finite Impulse Response (FIR) 

filter with more than 350 taps. The digital anti aliasing filter shall attenuate the stop band 

with at least 80 dB but a design goal is 120 dB. 

 

I/Q-

demod
FIR

Down 

sampler

 

Figure 1 Original DDC system 

 

The high order FIR filter would require large logic area so the idea is to use a Cascaded 

Integrator-Comb (CIC) filter instead, which is more economical with respect to logic, and 

most important more robust against saturation from peaks at adjacent channels. The main 

focus will be to implement the system in an FPGA and optimize it with respect to speed. 

The CIC filter shall have performance similar to the previous FIR filter while still being 

able to operate at the high data rates of the ADC.  Thus the problem is to develop the 

demodulator and filter and study how it could be optimized for the high speed. 

 

The design shall process data in real-time and is therefore most preferably 

implemented in hardware. The DDC is targeted to a modular low volume test system 

so the use of an Application Specific Integrated Circuit (ASIC) is not reasonable, which 

is cost effective only at high volumes. Also an ASIC is not reconfigurable which limits 

the modularity of the system. Hence an FPGA based implementation is preferred.  

 

1.3 Purpose 

The main purpose of this thesis is to evaluate if it is possible to design the DDC LTE 

downlink signals in an FPGA. This is in other words a feasibility study. The DDC shall 

decimate with a rate of 13 and shall be able to run at the sampling rate 399.36 MHz. The 

sampling rate is high for an FPGA so this thesis will study how such a system could be 
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designed and implemented. The main focus of this will be the design of a system that can 

be fitted into an FPGA and run at 399.36 MHz.   

 

1.4 Limitations 

In this thesis the designed DDC will be limited to simulations and will not be 

physically implemented in an actual FPGA. This thesis will only focus on the design 

of the DDC. Therefore the communication interfaces against the ADC and the PC are 

not implemented.    

 

1.4.1 FPGA optimization target 

There are three main performance domains in which an FPGA can be optimized. They are 

speed, area, and power consumption. These domains are conflicting so there is in general 

no way to optimize the implementation in all aspects. Most critical in this case is speed 

and as a sub-target area in order to fit the implementation in a reasonably sized FPGA. 

Power consumption will therefore not be considered in this thesis.   

 

When speed is concerned, the throughput is the main target, as the data shall be 

processed with decided sample rate. Latency is of subordinate importance so 

throughput can be optimized with expense of latency.  
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2 Theory 

This section gives a theoretical background to the thesis. It is assumed that the reader has 

basic knowledge in digital logic design and digital signal processing.  

 

2.1 Field Programmable Gate Array 

A Field Programmable Gate Array (FPGA) is an integrated circuit device for 

programmable digital logic. As the name implies it is a gate array that is programmed in 

the field, rather than at the factory. Principally a programmable gate array is an array of 

programmable logic blocks and programmable routing channels as shown in Figure 2. 

The logic blocks are configured for basic logic functions and connecting the blocks 

through configurable interconnections in the routing channels deploys more complex 

circuits.  

 

Routing 

Channels

Logic 

Block

 

Figure 2 Principle of a gate array (Based on figure from [2]). 

 

Unlike ASICs, FPGAs can be reconfigured. Most commonly, FPGA is based on volatile 

SRAM architecture. FPGAs therefore, have to be configured on start-up. The 

configuration can be active with the FPGA generating signals to fetch the configuration 
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from for example a PROM. The process can also be passive with a PC or microprocessor 

configuring the FPGA with for example JTAG.2 

 

The most elementary logic cell in an FPGA consists of a Look-Up Table (LUT) for 

combinatorial logic and a register for sequential logic as shown in Figure 3. In this case a 

4-input LUT is used capable of deploying any 4-input combinatorial logic. The register is 

a D flip-flop. By a multiplexer (MUX) either combinatorial logic only or sequential logic 

can be used. Usually in modern FPGAs a logic cell contains several LUTs and flip-flops 

as well as distributed arithmetic with fast carry chains. 

  

out

clk

 
1

 
2

3
 

4
 

 
 

4-LUT

Q

Q
SET

CLR

Din

 

Figure 3 Elementary logic cell (figure from [3]). 

 

In addition to logic cells an FPGA often includes blocks for dedicated functionality such 

as memory blocks, DSP blocks and even embedded processors. Since these blocks are 

specialized for one task the implementation can be done much more efficient than using 

standard logic cells. There are in general clock management blocks and dedicated clock 

paths to minimize the clock skew.   

 

Every logic gate and the routing channels introduce delays to the signal. So when having 

long combinatorial nets the total delay is the sum of all introduced delays. This limits the 

possible clock speed since the signal has to be properly set before the next clock cycle.  In 

order to get higher clock speed the combinatorial nets can be pipelined.  

 

Pipelining works in principle as an assembly line and is done by adding registers in the 

net to store partial values of the signal. This though increases the latency since it requires 

more clock cycles to process the signal. That is, in order to run an FPGA in higher speeds 

the design must be heavily pipelined. 

 

 

 

                                                      
2 JTAG is an acronym for Joint Test Action Group and is basically a standard for boundary-

scan, and is also is used to program and debug integrated circuits.  
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The most common way to implement the configuration for an FPGA is to use a Hardware 

Description Language (HDL). The desired logic behaviour is described in the HDL. By 

using automated software the description is then translated, synthesized, to a net of logic 

gates. This gate net is then mapped to the actual logic blocks in the targeted FPGA. The 

mapped logic is then placed and routed so that the configuration can be fitted into the 

FPGA. The most common HDLs are Verilog and VHDL3. In this thesis VHDL is used.  

 

2.1.1 Virtex 6 

The targeted FPGA family in this thesis is Xilinx Virtex 6. The main logic block in the 

Virtex 6 is called the Configurable Logic Block (CLB). Each CLB consists of two slices 

and a switch matrix for routing. A slice consists of four 6-input LUTs and eight D-flip-

flops as well as distributed arithmetic with carry chains. There is a set of slices for DSP 

containing a pipelined multiplier and an accumulator with the ability to easily being 

cascaded. Virtex 6 also has dedicated blocks for Ethernet, PCI Express etcetera.  

 

The device that is the target for this thesis is XC6VLX75T, which contains 11,640 slices, 

which is equivalent to 74,496 standard logic cells. There are 288 DSP48E1 slices and in 

total 1,045 Kbit memory in distributed RAM.  It is claimed by the vendor that the 

standard logic can run up to 1200 MHz and the DSP-blocks has a maximal speed at 600 

MHz [4].  

 

2.1.2 Metastability 

A problem when several clock domains is used is metastability. Metastability can appear 

at the transition of data between two clock domains. If data is clocked in at the setup or 

hold time, the voltage level of the data can be at a level where it cannot be interpreted 

either as a one or a zero. The data can remain in this state for an uncertain amount of time 

before settling at either one or zero.   

 

Kilts [5] presents several solutions to minimize the risk of metastability. The most 

obvious solution is to use phase control. By using an internal phase control block, such as 

the Phase Locked Loop (PLL), the phase can be matched. This method does only work 

                                                      
3
 VHDL is an acronym for VHSIC Hardware Description Language, where VHSIC is an acronym 

for Very-High-Speed Integrated Circuits. 
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when the clock periods are a multiple of each other. When the clocks are totally 

asynchronous, phase control is not possible. A way to prevent metastability when passing 

data between asynchronous clocks is called double flopping, or synchronisation bits. By 

using two subsequent flip-flops when receiving data the settling time for metastable data 

is maximized to one clock cycle, thus minimizing the probability for metastability. 

 

A more sophisticated way of metastability-prevention is to use a First In First Out (FIFO) 

structure. A FIFO is basically a queued data structure. Data is written to the FIFO by one 

clock domain and is read by the other. The queue ensures that only valid data is read. 

Usually FIFOs are implemented in the memory blocks in the FPGA.  

 

2.2 LTE – Downlink 

LTE is a standard for mobile telecommunication. The standard is an enhancement of 

UMTS and is a step toward 4th generation mobile telecommunication. The current 

specification offers downlink data rate with a theoretical maximum at 300 Mbit/s and 

uplink data rate up to 75 Mbit/s [1]. While the standard is very comprehensive, this thesis 

will only consider the digital signal processing of the downlink signals. This section is a 

brief overview of the physical layer of the LTE downlink.  The downlink is the 

transmitting part of the base station. 

 

The LTE signal for the downlink is modulated by Orthogonal Frequency Division 

Multiplexing4 (OFDMA). The idea is to have multiple sub-carriers that are orthogonal so 

that they do not interfere with each other. That is, the spectrums of the sub-carriers may 

overlap in the frequency domain but the orthogonality means that, at the sampling instant 

for one sub-carrier, all the other sub-carriers are zero-valued. This enables the possibility 

to use large set of sub-carriers without the need for a guard band between them. The 

spacing between the sub carriers is always 15 kHz in LTE regardless of the bandwidth for 

the transmission. Using OFDMA makes the signal noise-like in the time domain.  

 

Each sub-carrier is then modulated with some phase/amplitude modulation method. Note 

that different modulation methods can be used for symbols depending on situation. 

                                                      
4 The uplink uses Single Carrier Frequency Division Multiple Access (SC-FDMA), but 

only the downlink is considered in this thesis. 
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Subcarriers / 

Frequency 
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Symbols / Time 
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Figure 4 LTE Downlink resource grid. (Based on figure from Holma [1]). 

 

The signal is divided in to a resource grid in the frequency domain as seen in Figure 4. A 

specific time instance is called a symbol. Each sub-carrier in a time instance is called a 

resource element and the bit width of every resource element is depending of the phase 

modulation that is used. The negative frequencies is unique and not a mirror of the 

positive frequencies in this case. This means that the time domain signal is complex. In 

order to transmit and receive the signal it is modulated with I/Q modulation. In summary 

the signal that shall be processed in this thesis is therefore a complex band limited noise-

like signal.  

 

2.3 Digital Down Converter 

A DDC is a fundamental component in software-defined radio implementations. The 

DDC demodulates a quadrature modulated signal centred at an IF carrier. The result is a 

complex signal centred at zero. Note that in complex signals the negative frequencies is 

not a mirror of the positive. The complex signal is then downsampled to lower the data 

rate.  A basic DDC is shown in Figure 5. 

 

Low pass

NCO

Low pass

↓

↓

cos sin

I

Q

 

Figure 5 Digital Down Converter (Based on figure from [6]). 
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Quadrature demodulation is done by mixing the real signal with a complex signal ejωt = 

cos ωt + jsin ωt with the same frequency as the IF carrier.  In practice this is done by 

mixing the signal with the cosine and the sine part of the complex signal separately. This 

generates an In-phase (I) component and a Quadrature (Q) component. The I part is the 

real part of the signal and the Q part is the imaginary. This is the reason why this 

modulation often is referred to as I/Q modulation. A Numerically Controlled Oscillator 

(NCO) can be used to generate the digital mixing signal as in Figure 5. The I and Q 

components is then processed separately with two parallel paths, and is then used as input 

to a single complex Fast Fourier Transform (FFT).  

 

2.3.1 Optimal Architecture 

For this implementation an FPGA-based architecture was chosen. However previous 

studies has been done on which architecture is optimal for a DDC implementation. 

Bijlsma et al. [6] compared the performance of four architectures with respect to energy 

consumption. It was shown that an ASIC-based architecture optimized for energy 

consumption had the best performance when down conversion was required 

continuously. Though it was noted that when down conversion was needed only part of 

the time an FPGA-based architecture is a valid option. This is due to the fact that the 

FPGA can be reconfigured to perform other tasks when the DDC is not active. 

 

While power consumption is not a focus in this thesis, the result of this study stresses that 

the choice of an FPGA-based architecture in this case is sound. Since the DDC is a part of 

a test platform, the FPGA can be reconfigured when other tests are made, and thus 

excluding the need of several components that would be idle most of the time.  

 

2.4 Sampling rate conversion 

Sampling rate conversion is to change the sampling rate of an existing digital signal. It 

can either be interpolated by adding more samples between the existing samples, or it can 

be down converted by selecting a part of the samples. A sampling rate conversion system 

is a multirate digital signal processing system. As a multirate system it is also time 

varying. The order of time varying systems cannot easily be changed.  

 

Decimation by a factor D is done by selecting every Dth value from the original signal. As 

with sampling of an analog signal aliasing will occur. The folding frequency will be 
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fS/(2D), where fS is the original sampling frequency. Aliasing is avoided by filtering the 

original signal with a low pass filter that has a cut off frequency at fS/(2D).  

 

Interpolation by a factor I is generally done by adding I – 1 zeroes between existing 

samples, i.e. zero-padding. By zero-padding the signal, images of the original spectrum 

will appear above fI/(2I) where fI is the new sampling frequency [7](p.714). By passing 

the interpolated signal though a low pass filter with the cutoff frequency at fI/(2I), the 

images are rejected.  

 

2.5 Polyphase decomposition 

When using IIR or FIR filters in decimation or interpolation systems the filters can be 

decomposed using poly-phase decomposition. Poly-phase decomposed filters is more 

efficient to implement in hardware than the corresponding non-decomposed filter. 

Proakis [7](p.720) shows that polyphase decomposition is possible since the transfer 

function can be expressed as 

 

)()(
1

0

1 L

i

L

i

zPzzH , (1) 

where 

 

n

n

i zinLhzP )()( , (2) 

  

and h is the system function. That is, the filter can be decomposed to L parallel filters, 

where each impulse response is downsampled phase shifted versions of the original 

impulse response. Figure 6 shows a decimation filter that is decomposed to run in 

Polyphase. This structure is more efficient, than using a regular filter, when implementing 

in hardware. Since the decimation is done before filtering the filter can run at a slower 

rate making the timing requirements less critical. When decomposing a FIR filter, in total 

the same amount of taps will be used as in the regular filter. However the different filters 

will run in parallel so the overall latency will decrease.   
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Figure 6 Polyphase decimation filter (Based on figures in [7] and [8]). 

 

2.6 Cascaded Integrator-Comb filter 

Hogenauer [9] introduced the CIC filter structure as economical decimation and 

interpolation filters. This class of filters requires neither multipliers nor storage for filter 

coefficients and will therefore use less logic than a corresponding FIR filter.  The CIC 

structure for a decimator is shown in Figure 7.  

 

+

z
-1

↓R+

z
-1

+

z
-M

-1

+

z
-M

-1

Integrator Comb

Stage 1 Stage N Stage N+1 Stage 2N  

Figure 7 CIC decimation filter (Based on figure from [9]) 

 

The filter consists of a cascade of integrator stages working at high sampling rate and 

comb stages working at low sampling rate. The transfer function of the filter is 

 

N

NRM

z

z
zH

)1(

)1(
)(

1
, (3) 

 

where N is the number of stages in each section and R is the rate change factor. M is 

called differential delay and is a design parameter, which is usually set to 1 or 2. 

Considering the transfer function one would expect that the number of delays in each 

comb stage would be R*M. But making use of the noble identity [7](p.772) and running 

the comb section at the slow rate the number of delays is reduced to M.  
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The CIC filter is not an ideal low-pass filter but will rather have a frequency response 

similar to a sinc-function5. Thus it is often required to compensate this with a regular FIR 

filter in order to get the desired response. The desired response of a compensation filter is 

an inverse sinc-function in the pass band and zero otherwise. This is to flatten the pass 

band and to attenuate the side lobes. The compensation filter shall amplify the part of the 

pass band that is attenuated in the CIC filter and thus the resulting pass band will be 

flattened. 

 

The compensation filter will run at a slower rate than the CIC filter. At the higher rate at 

the CIC filter the compensation filter response will be repeated R times. Due to this also 

the pass band will be repeated. This will affect the resulting response in an undesired way 

as can be seen in Figure 8. Where the passband is repeated the side lobes will not be 

attenuated thus lowering the total attenuation in the stopband of the composite filter.  
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Figure 8 CIC compensation filter 

 

Using a narrow pass band in the compensation filter can reduce this effect. This will 

make the bands, where the side lobes not are attenuated, smaller. Since the repeated 

passband will appear at the nulls for the CIC filter a narrower passband will improve the 

attenuation. Using a higher order CIC filter so that the sidelobes are more attenuated can 

reduce it further.  
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The register growth expressed as the maximal output magnitude for the filter can be 

calculated as 

 

NRMG )(max .  (4) 

 

The required number of bits due to the register growth in each stage to prevent overflow 

can then be calculated as 

 

1log 2max inBRMNB .   (5) 

 

2.6.1 Parallel CIC decimator 

Some previous work has been done on making CIC decimators parallel in order to lower 

the clock rate in relation with the throughput. Since parallel integrator stages requires 

several linked adders and a feedback loop this becomes the critical path when timing is 

concerned. Due to the feedback loop it is not possible to add pipeline registers since that 

will make the feedback loop unsynchronised. 

 

Liu [10] showed that the transfer function could be changed slightly so that poly-phase 

decomposition can be used to divide the filter into several parallel CIC filters. However 

in order to decompose the CIC structure into sub-filters, the transfer function has to be 

altered. This makes the alias rejection at fS/4 worse than a traditional CIC-filter. The 

decomposition is only possible when the decimation ratio is a factor of the number of 

parallel sub-filters in the decomposition. In this thesis it is a requirement to make 

decimation with a rate of 13, which is a prime number, so this method is not applicable. 

 

Another method is described by Genrich et al.[11] in a US Patent. The described 

structure, shown in Figure 9, is a parallel version of a traditional integrator stage that is 

pipelined and optimized with respect to latency. With this approach the decimation rate is 

not limited but the number of stages is limited to be a factor of the number of parallel data 

paths. This solution is basically a layered solution with layered and synchronized adders 

and an accumulator in the last layer. This solution will further be referred to as the 

layered parallel integrator stage.  

 

                                                                                                                                                 
5 The sinc function is defined as sin(x)/x. 
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Figure 9 Layered parallel integrator stage (based on figure from Genrich et al. [11]).  

 

 

 



      

 15 

3 Implementation 

3.1 Overview 

In the current system the analog signal is mixed down on an analog RF down conversion 

board to an IF at 500 MHz. The down converted signal is sampled with a 14 bit ADC at fS 

= 399.36 MHz. The signal is stored in an on board memory and is then transferred to a 

PC for signal processing.  

 

The signal is undersampled and therefore the analog IF is folded down to a digital IF of 

100.64 MHz. The signal is I/Q demodulated by digitally mixing with the digital IF. This 

makes the signal spectrum centred at zero. The maximal bandwidth of the signal is 

20 MHz. Hence the signal can be considered as oversampled. The data is then 

downsampled with a factor 13 with corresponding decimation filter.  

 

3.2 FPGA based DDC system 

The system that shall be implemented in order to run the DDC in an FPGA is shown in 

Figure 10. The idea is to have an interface to the ADC to get the sampled data. The data is 

then quadrature demodulated. The I and Q part of the data is then processed in two 

parallel paths. The data is then transferred to the PC. It shall be noted that only the DDC 

part is designed in this thesis. The interface for communicating with the ADC to get 

sample, and the interface to the PC to transfer the down converted data is not considered.  

  

I/Q-

demod

Decimation

PC 

interface

ADC 

interface

Decimation

I

Q
 

Figure 10 Block diagram of the FPGA based DDC system 

 

3.3 I/Q-demodulation 

To perform the I/Q-demodulation the signal has to be mixed with an in-phase and 

quadrature signal with the same frequency as the IF carrier. At the RF down conversion 
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board, the analog signal is mixed down to an IF at 500 MHz and is then undersampled, by 

the ADC, with 399.36 MHz. The digital IF is then located at 100.61 MHz. To perform an 

I/Q demodulation the signal has to be mixed with a complex 100.61 MHz signal. To do 

this an NCO could be configured to generate a digital sine and cosine at 100.61 MHz and 

then mix it with the signal.  

 

However for this thesis a simplification is made. By using fs/4 as mixing frequency a 

more efficient implementation can be done. Note fS/4 is in this case ~99.85 MHz. Since 

fs/4 differs from the IF the demodulated complex signal will be slightly off centre. In fact 

the error will be ~0.76 MHz. In a real implementation this has to be addressed, either by 

mixing with the digital IF or by frequency shifting the decimated signal. In this thesis fS/4 

is used as a simplification.  

 

When mixing with fs/4 the implementation can be done quite efficiently as shown in 

Figure 11. The implementation only needs a two-bit counter, two multiplexers and two 

two-compliment calculations. Otherwise an NCO and mixing multipliers has to be 

implemented which would require more logic.   

 

case data_count is

when "00" =>

data_I <= data_in;

data_Q <= (others => '0');

          

when "01" =>

data_I <= (others => '0');

data_Q <= data_in;

          

when "10" =>

data_I <= (-data_in);

data_Q <= (others => '0');

          

when others =>

data_I <= (others => '0');

data_Q <= (-data_in);

end case;  

Figure 11 VHDL description of fS/4 demodulation 

 

3.4 Decimation system 

The sample rate decimation system shall reduce the sample rate by a factor 13. Initial 

calculations showed that the desired attenuation in the stopband was not possible to 

achieve when just using a CIC filter with R = 13. The passband of the compensating filter 
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would then be too wide to reduce the stop band noise amplification. As a consequence of 

this it was decided to make a system where the data rate first is interpolated by a factor 4 

followed by a CIC filter with R = 13 and a compensation filter and then a decimated by 4.  

 

By increasing the sample rate by four the FPGA would be required to run at 1597.56 

MHz. The targeted Virtex 6 device has a specified maximal clock speed at 1200 MHz, 

which is fast for an FPGA. Considering that the CIC stages would require wide bit non-

pipelined adders it can be assumed that the possible clock speed is much slower. That is, 

it would not be possible to increase the sample rate by increasing the clock speed. 

A solution to this is to parallelize the integrator stages in the CIC filter. The sample rate is 

increased by processing four samples each clock cycle. It is only the integrator stages that 

have to be parallel since the comb stages are running at the slower data rate.  

 

The developed decimation system is shown in Figure 12. The system is running in three 

different clock domains. At the ADC sample rate at 399.36 MHz, the parallel integrator 

section is running as well as downsampling section. The downsampling section selects 

every 13th sample from the parallel samples. A FIFO is used to prevent metastability 

when passing the selected samples to the intermediate clock speed at 122.88 MHz.  

 

+
Sample 

select
FIFO

X(n)

Parallel Integrator 

stages

0

0

0

Comb stages

S
h

ift

Polyphase FIR

399.36 MHz 122.88 MHz 30.72 MHz  

Figure 12 Decimation system 

 

At the intermediate clock domain the data is passed through the comb stages. The data 

rate shall finally be decimated by 4. By making use of polyphase decomposition the CIC 

compensation filter can therefore be running at 30.72 MHz, which is the targeted sample 

rate. The transition between these domains can be done by using phase control since the 

clock speeds are a multiple of each other.  
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3.5 Pipelined parallel integrator stage  

In order to increase the data rate without increasing the clock speed in the FPGA the 

integrator stages must be made parallel. As described in section 2.6.1 there are different 

approaches for this. The approach with polyphase CIC-filter [10] is not applicable in this 

system since the decimation rate 13 is a prime number. 

 

The simplest solution is to make the integration parallel as shown in Figure 13. The 

problem in this solution is that it requires four linked adders, which is critical with respect 

to timing.  

 

z
-1

+

+
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Figure 13 Non-pipelined parallel integrator stage. 

 

Since there is a feedback loop in the integrator it is not trivial to add registers to pipeline 

the adders. To remove the critical path with four adders, pipelining registers can be 

placed between the adders. Doing so makes the inputs come asynchronous so several 

synchronizing registers is required on the inputs and the outputs. But when synchronizing 

registers are added the feedback to the first data will come in the wrong time.    

 

One solution to this is the layered parallel integrator stage presented by Genrich et al. 

[11]. By placing the addition with the feedback last for every data path, the problem with 

the feedback loop is solved. The main advantage with this structure is that the latency is 

optimal and the layered structure makes it easy to heavily pipeline the adders. For this 

application the sampling rate is the highest clock speed considered so the pipelining is 
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limited to one register. The latency introduced in each stage is therefore three clock 

cycles. Since the structure is patented other solutions were considered.  

 

A hybrid solution was developed as can be seen in Figure 14. Linked adders with 

pipelining registers and synchronizing registers on the inputs were used for the 

integration of the current inputs. The problem with feedback was solved by placing the 

addition with the feedback last for every input, as in the layered version. This 

synchronised structure has an introduced latency in every stage at four clock cycles. It 

saves one adder in expense of four registers in comparison to the layered structure.  

 

Though the structures are similar the US Patent claims a layered adder structure, where 

each summation in the first layer combines two of the parallel inputs. The synchronized 

solution uses linked adders with synchronization registers instead.  
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Figure 14 Synchronized parallel integrator stage.  

 

When the layered and the synchronized structures are compared the layered structure has 

a slightly better performance when latency is concerned. The layered structure will have a 

latency of three clock cycles in each stage but the synchronized structure will have a 

latency of four clock cycles. Implementations of the two structures showed that the 

synchronized structure would utilize slightly more area than the layered structure. This 

makes the synchronized structure sub-optimal but instead not bound to the US Patent. 
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3.5.1 Zero-padding 

The data rate is increased by using zero-padding between actual data. When the zero-

padded data is fed directly into the parallel integrator stages the first stage can be 

simplified. Integrating zeroes will not have any effect so the parallel stage can be 

simplified to a single regular integrator stage and connecting the result to all inputs in the 

following stage. Note that due to this simplification, the zero-padding will be done 

implicitly in the simplified integrator stage. The increase of the data rate is done by 

connecting the result of the first integrator stage to all inputs in the subsequent parallel 

integrator stage. 

 

3.6 Down sampling 

While traditional down sampling is trivial, several problems are introduced with the 

parallelization of the integrator stage. At every clock cycle with the high speed 399.36 

MHz clock four samples are computed, and the intermediate clock (at 122.88 MHz) shall 

select every 13th samples. The sample selection is shown in Figure 15. Ideally the sample 

to select would come on the same parallel path every time. In that case only that path had 

to be implemented. In this case the sample to select is calculated through different path 

every time. Therefore all paths have to be implemented along with a MUX to select the 

current path.  
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Figure 15 Sample selection on parallel data 

 

It shall be noted that the interval between every 13th samples is not even. The interval 

between the samples is mostly three clock cycles, but for every fourth sample the interval 

is four clock cycles. Also the ratio 4/13 between the clocks is not an integer, so the two 

domains cannot be matched with phase control. Therefore a FIFO should be used to 

prevent metastability.  
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The sample selection, which is operating at the high speed, was implemented with a 

MUX that selects which path to take the sample from, and a counter that determines when 

the sample shall be selected. The data is written to the FIFO by the fast clock and is read 

by the slow clock. If data would be written at every clock cycle of the fast clock the FIFO 

would constantly grow. However in this case, the number of data written by the fast 

domain corresponds to the speed of the intermediate domain. That is, in average the write 

and read speed are the same so no overflow of the FIFO will occur and the FIFO would in 

worst case hold two elements. The data is provided in a constant rate so it is not possible 

to use handshaking functionality. A FIFO was constructed by using Xilinx IP-core FIFO 

Generator in order to use internal memory blocks. 

 

3.7 Design of CIC filter 

As seen by (3) there are only three parameters in a CIC filter so the design of the filter 

was done manually using MATLAB. The decimation ratio, R, should be 13. Using (4) it 

can be shown that increasing the differential delay, M, will have a large impact on the 

introduced gain and thus the register growth. Considering this M was set to 1 in order to 

save logic area. When N is 8 the desired filter characteristics can be achieved. The 

resulting frequency response is shown in Figure 16.  
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Figure 16 Frequency response of the CIC filter.  R=13, N=8, M=1. 

 

The register growth was calculated using (5) and using a 14 bit the required number of 

bits in each stage is 43 bits. The adders in the integrator stage are non-pipelined. Since 

wide bit adders requires large nets of combinatorial logic, the maximal possible clock 
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speed can be limited. However Hogenauer [9] shows that truncating or rounding the data 

can reduce bit widths. This will though, introduce error noise. In this thesis only full bit 

widths were considered. Therefore the result of the timing analysis can be seen as a worst 

case.  

 

3.8 Design of compensation filter 

Since the CIC filter by no means is an ideal low pass filter, but rather a sinc filter, a 

subsequent filter is most preferred in order to compensate the system. The pass band has 

to be flattened and the side lobes in the stop band is to be attenuated. A FIR filter is used 

as compensation filter. 

 

The design of the CIC-compensation filter war performed according to the method 

described by Altera [12]. The method is to generate the frequency response for the 

compensation filter and the using the MATLAB commando fir2, which generates a FIR 

filter. The generated filter frequency response is as close to the desired response as 

possible given the number of taps. The desired response of a compensation filter is an 

inverted sinc-function in the pass band and zero otherwise. This is to flatten the pass band 

and to attenuate the side lobes. In order to get the desired roll off, a 60 taps FIR filter was 

constructed. The compensating part of the compensating filter frequency response is 

shown in Figure 17. The compensation filter will amplify the part of the pass band that is 

attenuated in the CIC filter and thus the resulting pass band will be flattened. 
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Figure 17 CIC Compensation filter 
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When using this method it was only possible to get attenuation at 50 dB in the stop band. 

Therefore another FIR filter was constructed working as a regular low pass filter to lower 

the stop band. When using 60 taps in each filter the desired response could be achieved.  

 

These two filters were combined to one filter with 120 taps by convolution of the filter 

coefficients. The resulting frequency response is shown in Figure 18. The theoretical 

attenuation in the stop band it at least 110 dB. That is if high bit floating-point 

coefficients are used.  
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Figure 18 Decimation system frequency response 

 

3.8.1 Fixed-point filter coefficients  

The best result for the compensation filter is achieved when floating point coefficients is 

used. However floating-point numbers is inefficient to implement in hardware. Therefore 

the coefficients were converted to fixed-point values by quantizing. By converting the 

coefficients the resulting filter will differ slightly from the desired filter. The result will 

be that the attenuation of the stopband will be worse due to quantization noise. 

 

For simplicity reasons the coefficients where converted to integers. The main drawback 

when using integer coefficients is that the total gain of the system will be very high. 

Ideally the introduced gain in the system would be 0 dB. The filter coefficients were 

converted to 18 bit integer numbers and the resulting filter is shown in Figure 19. 
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 The compensation filter was implemented by using Xilinx FIR Compiler. The FIR 

Compiler is making use of the DSP-blocks in the FPGA to efficiently implement the taps. 

The compensation filter is implemented as a polyphase filter, thus running at 30.72 MHz. 

 

In order to get a total gain at 1, decimal number coefficients are preferred. Two methods 

of for using fixed-point decimal number coefficients were evaluated. The first method is 

to use the composite filter made by convolution of the filter coefficients. When 

converting this method to fixed-point the coefficients has to be at least 31 bit in order to 

get a filter response that is similar to the non-quantized filter. The total bit width of the 

output data is then 62 bits. However in order to fit the implemented system in the targeted 

FPGA it was only possible to use filter coefficients up to 26 bits. This would though limit 

the attenuation in the stopband to ~60 dB. To get the desired filter characteristics with 

this filter, an FPGA with more DSP-blocks is required.  

 

The other method is, instead of combining the filters, using them as two separate poly-

phase filters and decimating with a factor 2 in each filter. Using this method the 

coefficients of the first compensating filter can be quantized to 24-bit width while still get 

a filter response that is acceptable. The following stop-band attenuating filter coefficients 

could be converted to 10 bit widths.  However the resulting total number of bits in output 

data will be 67 bits. This solution also requires a larger FPGA than the targeted device. 

 

In summary the ideally solution would be to use fixed-point decimal number coefficients 

in the compensating filter. However this would require larger logic area. The licence for 

synthesis tool that was used did not cover larger FPGAs in the Virtex-6 family. Therefore 

the integer filter coefficients was used, with the drawback of high total gain. 
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4 Result 

4.1 Filter characteristics 

The resulting system is a CIC filter with the parameters R =13, N =8 and M =1 and a 

compensation FIR filter with in total 120 taps. The FIR filter coefficients were converted 

to 18 bit integer numbers. The resulting Frequency response if the composite filter is 

shown in Figure 19. As it can be seen the introduced gain is very high. This is since 

integer coefficients are used. The attenuation of the stopband is 110 dB.  
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Figure 19 Decimation filter with integer coefficients. 

 

4.2 Processing speed 

The performance, in terms of speed, of the developed system was compared to the 

performance of the original system. The performance of the PC implementation was done 

by measuring the processing time for the I/Q demodulation and decimation.  A data set of 

8,000,000 samples was used. That corresponds to 20 ms which is enough to get at least 

one LTE signal frame. The time to I/Q demodulate was 1.52 s and the time to decimate 

the data was 4.86 s. In total, the digital down conversion for 20 ms data will take 6.38 s.  

 

In FPGA implementation, one sample is processed every clock cycle so the total 

processing time of the same data set will take 20 ms, i.e. in real time. However, the 
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latency that is introduced in the DDC will add to the processing time. The latency for the 

CIC-filter is 36 clock cycles at 399.36 MHz and 8 clock cycles at 122.88 MHz. The 

estimated latency for the compensation filter is 18 clock cycles at 30.72 MHz. This makes 

the total latency for the decimation system 0.74 μs, which in this case is negligible. 

 

When comparing the two systems it is obvious that an FPGA based implementation of a 

DDC has a remarkable performance advantage over the PC based implementation. The 

performance increase is 319 times. Further if the transfer of the sampled data to the PC 

will have a much better performance in the FPGA based implementation since the 

number of samples is reduced by a factor of 13.    

 

4.3 Area consumption 

The design was described in VHDL and synthesized with Xilinx ISE. The targeted FPGA 

architecture was the Virtex family. A comparison was made between the smallest 

Virtex 5 and the smallest Virtex 6. When mapping the implementation to the Virtex 5 the 

area consumption was too high to implement the entire system. The main reason was that 

there were too few DSP-blocks that are used to implement the FIR filter. In order to map 

the FIR filter 128 DSP-blocks is used. However the smallest Virtex 5 has only 48 DSP-

blocks. Using a larger Virtex 5 can solve this but instead the Virtex 6 was targeted.  

 

The Virtex 6 has a higher specified maximal clock speed than the Virtex 5 making it 

more suited for the high-speed signal processing. Also the smallest device in the family 

has 288 DSP-blocks so it can be used for the implemented design.  

 

The system was described in VHDL and mapped and fitted to the Virtex 6. The number 

of occupied logic slices was reported to be 2,771 out of 11,640, which is an area 

consumption of 23%. The number used DSP-blocks were 126 out of 288, which is 43%. 

That is, the DDC system can be implemented and fitted into the targeted FPGA. Note that 

the compensation filter with integer coefficient is used in this case.   

  

4.4 Timing analysis 

Constraints for the clocks were defined in so that the placement and routing process could 

implement the system for the required clock frequencies. The placement and routing 
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process then generates the logic nets and tries to meet the requirements. The required 

clock period, the data path delays, the clock path skew and a defined uncertainty are taken 

in consideration during this process.  

 

The timing requirements for the implemented DDC were met and the worst slack was 

0.140 ns. The worst slack appears when writing data to the FIFO with the high speed 

clock. This is legitimate since the FIFO is implemented with a memory block, which in 

general is slower than standard logic. 
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5 Discussion 

5.1 Discussion over the result  

The measurement result of this thesis is based on MATLAB calculations and synthesis 

analysis of the FPGA implementation. Due to a tight time schedule it was not possible to 

create a test bench in order to thoroughly verify the functionality.  Though the purpose of 

this thesis was examine if it is possible to design a DDC in an FPGA that operates at the 

high speed. Therefore the most important result is the timing analysis, which shows that 

such a system is possible to design. If the DDS is implemented in the actual test system a 

thoroughly functionality verification has to be made.  

 

5.2 fS/4 demodulation  

By mixing the digitized signal with fS/4, in this case will centre the signal at 0.8 MHz 

from zero hertz. While this was done in this thesis as a simplification, in an actual 

implementation this has to be addressed. This can be solved by configure a NCO to 

generate a digital sine and cosine at 100.64 MHz and then mix it with the signal. This will 

though require multiplication in the high-speed clock domain.   

 

The advantage of using fS/4 demodulation is that no multiplications are required. One 

solution could therefore be to use fS/4 in the high-speed domain and then correcting the 

error in the slow-domain by additional mixing. However, further research must be done 

to determine if this solution is possible. 

 

However this can be solved by redesign of the RF down conversion board. The IF could 

be placed at a frequency where fS/4 demodulation is possible.  

 

5.3 Selection of decimation rate 

The main limiting factor at the design of the DDC was the decimation rate at 13 that was 

a requirement. Since 13 is a prime number the possible designs of a DDC is limited. If 

instead the decimation factor of 12 is considered as an example, the downsampling 

section could be made considerably more effective. Since 12 is a multiple of the 
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interpolation rate of 4, phase control could be used to prevent metastability when 

transferring data. Thus removing the requirement of a FIFO structure and making the 

sample selection much easier to implement. 

 

If the decimation factor would not be a prime number, it would also be possible to use 

alternative solutions for overall structure of the decimation system. One solution would 

be to make the decimation in several steps, by decimating with a small factor in every 

step. The poly-phase CIC filter structure proposed by Liu [10] would also be an 

alternative.  

 

Considering this the hardware for the DDC could be made more efficient if a better 

decimation rate is used. This is again a matter of the selecting a different IF in the analog 

RF down converter. That is, if the RF hardware is correctly matched a more effective 

hardware implementation of the DDC can be done. 

 

5.4 Total gain 

The resulting overall gain in the developed DDC is high. Ideally the total gain of the 

system passband would be 0 dB. However the introduced gain in the CIC filter is very 

high, as seen in equation (4). Hence if the gain in total shall be 0 dB, the CIC 

compensating filer has to attenuate all frequencies to compensate for the gain. This 

requires that the filter coefficients in the compensating filter have a large bit width, which 

will have a big impact on the overall logic area consumption. Using this method makes 

the filter coefficients very large. 

 

This could probably be solved by dividing the data with a constant before filtering with a 

fixed-point compensation filter. However this has not been fully researched due to lack of 

time. This is a target for future work.  

 

5.5 CIC filter 

While the CIC filter structure is efficient to implement in hardware, as seen there are 

some main drawbacks. The main drawback is that the frequency response is not an ideal 

low pass filter. The filter therefore has to be followed by a FIR filter to compensate this. 

That is, the requirement of FIR filters cannot be fully removed. Therefore there has to be 
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multipliers implemented. On the other hand, the compensating FIR filter is running at 

slower speed with easier timing requirements.  

 

The use of compensating filters though has a disadvantage. That is the noise amplification 

in the stopband due to the repetition of the compensation passband. Due to this the data 

rate had to be increased in order to making the passband narrower. This introduced the 

need of parallizing the integrator stages. 

 

5.6 FPGA contra PC based implementation 

Although an FPGA based DDC has a remarkable performance gain over a PC based 

solution it has some disadvantages. When a real-time solution is required an FPGA based 

implementation is preferred. However, a PC based solution is much more efficient when 

development time is considered. The time to develop is much shorter in an entirely 

software based implementation, especially with the use of tools such as MATLAB. 

Therefore, when the system is not required to run in real time a software based solution is 

to prefer. 

 

5.7 Future work 

At present the numbers of bits in the output data is 62 bits. This is very high considering 

that 14 bit input data is used. Therefore the data width is preferably reduced. Though 

reducing the data, by either by truncating or rounding, will generate quantization noise. 

Further analysis must be done to determine how this data width can be reduced while still 

fulfilling the dynamic range requirements.  

 

The use of integer coefficients generates high gain that is not desired. Further work must 

therefore be made in order determine how fixed-point filter efficiently could be 

implemented.  
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6 Conclusions 

This thesis has showed that it is possible to design an FPGA based DDC for LTE signals 

with a decimation factor of 13, running at 399.36 MHz. The estimated performance 

increase of FPGA based design compared to the PC based design is 319 times. Though 

using the targeted FPGA, integer coefficients is used in the CIC compensation filter. 

Therefore the total gain of the system is high. 

 

This thesis also shows that it is possible to make CIC and FIR filters parallel in order to 

increase the data rate while still maintaining the clock speed.  

 

Integer filter coefficients were used since floating-point numbers in inefficient in 

hardware, which introduced gain in the system. This shows that fixed-point filter 

coefficients are to prefer.  
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8 Acronyms 

3GPP 3rd Generation Partnership Project 

ADC Analog to Digital Converter 

ASIC  Application Specific Integrated Circuit 

CIC Cascaded Integrator-Comb 

CLB Configurable Logic Block 

CPU  Central Processing Unit 

DDC Digital Down Converter  

DFT Discrete Fourier Transform 

DSP  Digital Signal Processing 

EVM Error Vector Magnitude 

FIFO First-In, First-Out 

FFT Fast Fourier Transform 

FIR Finite Impulse Response 

FPGA  Field-Programmable Gate Array 

HDL Hardware Description Language 

IIR Infinite Impulse Response 

IF Intermediate Frequency 

I/O  Input/Output 

I/Q In-Phase/Quadrature 

JTAG Joint Test Action Group 

LE Logic Element 

MUX  Multiplexer 

NCO Numerically Controlled Oscillator 

OFDMA Orthogonal Frequency Division Multiplexing 

RF Radio Frequency 

SC-FDMA  Single Carrier Frequency Division Multiple Access 

UMTS Universal Mobile Telecommunications System  

VHDL (Very-High-Speed Integrated Circuits) Hardware Description Language 


